Abstract-Performance of adaptive noise cancelation (ANC) degrades severely when uncorrelated noise components are present at the two inputs. Thus, practical background diffuse noises pose a serious problem for ANC systems. In this letter, we propose a new hybrid system that integrates subband adaptive filters (SAFs) and a Wiener filter. The hybrid system is implemented on an oversampled DFT filterbank that efficiently integrates the SAF and the Wiener filter components in the frequency-domain. Performance evaluation of the hybrid system in presence of diffuse noise interference shows that the proposed system is superior to both the Wiener filter and the SAF subsystems.
A Hybrid Subband Adaptive System for Speech Enhancement in Diffuse Noise Fields
I. INTRODUCTION
N OISE CANCELATION is a common adaptive filtering application [1] . To reduce the adaptive filter length and accelerate the convergence rate, subband adaptive filters (SAFs) have been introduced [2] . However, the use of adaptive filters for noise cancelation (in both fullband and subband implementations) has been limited by some difficulties. A major problem in adaptive noise cancelation (ANC) is weak correlation between noise signals at two input microphones. Clearly, adaptive filters are able to eliminate only the noise signals (at the two microphones) that are correlated. However, in many real-life situations, the inputs of the adaptive filter are only partially correlated.
In this letter, we study the problem of uncorrelated noise in subband adaptive noise cancelers. The objective is to present an efficient hybrid system that works in real-life noisy environments. The system is targeted for implementation on an ultra-low resource platform that employs a weighted overlap-add (WOLA) generalized discrete Fourier transform (DFT) filterbank [3] . 
II. SPATIAL COHERENCE AND DIFFUSE NOISE FIELD
The most commonly used feature to characterize the correlation of two (noise) signals x and y (received at two microphones) is the spatial coherence that is defined based on cross-and autospectral density functions as [4] (1)
In a diffuse noise field, the two microphones receive equalamplitude and random phase noise signals from all directions. This results in a spatial coherence of the form for the three-dimensional diffuse noise field [4] , [5] ( 2) where is the microphone spacing and is the sound velocity 340 m/s . The spatial coherence is widely used in the ANC literature to obtain the noise reduction factor of adaptive filtering as [5] NR input noise power at frequency output noise power at frequency (3) According to (2) and (3), increasing microphone spacing ( ) will limit the noise reduction capability of the adaptive filter to lower frequency bands. Although a decrease in microphone separation alleviates this problem, it aggravates the cross-talk problem. As a result, other solutions should be investigated.
In this letter, we have used two input noise signals recorded in a diffuse field at a sampling rate of 16 kHz. The noise field is generated by playing four independent pink noise signals in an isolated nonreverberant sound room using four loudspeakers located at various locations. With a microphone spacing of 38 mm, the spatial coherence of the two recorded noises has the form shown in Fig. 1 . It closely matches the theoretical curve computed using (2) for 38 mm. Thus, the noise field can be regarded as a diffuse field in the area close to the two microphones. Fig. 2 displays a block diagram of the employed SAF system in noise cancelation setup. The analysis filterbanks split the noisy and reference inputs into frequency bands. After decimation of each subband signal by a factor of , adaptive processing blocks cancel the noise in the output signal using the least mean square (LMS) algorithm. The SAF system employs an oversampled filterbank to minimize aliasing error and to maintain a low processing delay [3] , [6] . Each adaptive processing block represents an adaptive filter that works on a specific frequency band. Finally, the synthesis filterbank merges the subband-enhanced signals to obtain the time-domain enhanced speech.
III. SUBBAND ADAPTIVE FILTERING
When adaptive filters are employed in low-coherence subbands, the filters change only slightly from their zero initial values due to the low level of correlated components. This leads to a small noise reduction factor, as predicted by (3) . This is demonstrated in Fig. 3 by the noise reduction factor curves of the subband adaptive noise canceler. The solid curve displays the ratio of the measured input to output noise power when two input microphones are located in the generated diffuse noise field. This curve consistently follows the theoretical (dashed) curve computed by inserting (2) into (3).
IV. HYBRID SYSTEM
In addition to ANC, several other approaches have been proposed for dual-microphone speech enhancement. Fixed and Fig. 3 . Noise reduction factor of the SAF system in (solid line) the generated diffuse noise field and (dashed line) the theoretical noise reduction factor of adaptive filtering in diffuse field calculated by inserting (2) into (3).
adaptive (delay and sum) beamformers are common choices. However, in diffuse fields, they offer up to 3 dB of noise reduction at higher bands and almost no noise reduction in low frequencies where the spatial coherence is high [7] . Employing an adaptive postfilter can improve the performance only at high frequencies [8] . Also, the generalized sidelobe canceler performs well for coherent noise fields but fails in diffuse noise fields [7] .
Single-microphone methods are other possible candidates for speech enhancement in diffuse noise fields, Wiener filtering being one of the most widely used approaches [9] . Although Wiener filtering is a low-complexity and robust technique, it significantly suffers from signal distortion caused by inadequate estimation of the noise spectrum. Specifically, in low SNRs and lowpass noises, the performance of this method degrades considerably.
To compensate for the inability of SAF in eliminating uncorrelated noises, we combine an SAF system with a Wiener filtering technique, presenting a hybrid system shown in Fig. 4 . The figure displays the noise reduction structure in each subband of the proposed hybrid system (called SAFWF here). This structure is used in each adaptive processing block of the system shown in Fig. 2 .
A voice activity detector (VAD) has been used to determine the noise-only portions (pauses) in the primary input. We have used a modified version of the European Telecommunications Standards Institute Adaptive Multirate 2 (ETSI AMR-2) VAD [10] that has been implemented on the same oversampled WOLA filterbank [11] . When the VAD detects a pause, the adaptive filter is allowed to adapt, and the Wiener filter can update its noise spectrum estimate.
The primary and reference inputs shown in Fig. 4 are complex (frequency-domain) subband sequences. For each subband , the complex adaptive filter interprets the reference input as a time-sequence signal and convolves it with the adaptive filter impulse response. For the second stage, a generalized Wiener filter is applied by multiplying the adaptive filter outputs by a time-varying real gain , i.e.,
where and are Wiener filter parameters [9] that can be optimized for a particular application. Considering the noise reduction and signal distortion tradeoff, we have set to 1 and to 1.5. Also, is an estimate of uncorrelated noise amplitude and is computed as . In this hybrid system, the Wiener filter is employed to remove the residual uncorrelated noise components. Since the filter is applied on instead of (as it is done in standard Wiener filtering), the amount of signal distortion is significantly reduced. This will be discussed more in Section V.
The proposed hybrid system has some commonalities with the method described in [12] , since both apply a Wiener postfilter after an adaptive stage. However, while [12] uses both time and frequency-domain processes, our proposed method is fully implemented on a subband structure. Furthermore, [12] employs a time-domain expectation-maximization algorithm for adaptation, but we use much more efficient subband adaptive filters on an oversampled filterbank. Frequency range is limited to 0-2 kHz.
V. SYSTEM EVALUATION
The noise reduction performances of the proposed SAFWF system, the SAF system, and the standard Wiener filtering (STDWF) are compared in a diffuse noise field. We used several sentences from the TIMIT database as our speech material. From the two recorded noise inputs (generated as described in Section II), one was employed as the reference signal, and the other was added to speech at various SNRs. The results of system evaluations for one sentence are displayed by the spectrograms in Fig. 5 . (Since it is expected that the SAFWF especially exhibits a superior performance in lower subbands, spectrograms are shown in 0-2 kHz range.) Depicted in rows 1-4 are the spectrograms for the clean speech, the noisy (primary) input (in 0 dB SNR pink noise), the signal enhanced by the SAFWF method (with ), and the signal enhanced by the STDWF method (with ), respectively. As shown, the STDWF has more residual background noise than the SAFWF. Increasing (to ) in the STDWF reduces the background noise as evident from the fifth row in Fig. 5 . However, this reduction comes at the cost of increased speech cancelation and distortion, evident by comparing rows 3 and 5.
The performance of the proposed system in reducing the uncorrelated noise components is further demonstrated by spectrograms (using the full band of 0-8 KHz frequency range) displayed in Fig. 6 . Shown, are the spectrograms of the clean speech (the same as in Fig. 5 ), noisy input, and the SAFWF enhanced signals, respectively. As it is clear from higher frequency bands of the outputs, Wiener filtering has compensated for the inability of the adaptive filter to remove uncorrelated noise components. For objective evaluation of speech quality, we have employed the (log area ratio) LAR distance that has been shown to have the highest correlation with subjective quality assessments among all frequency-invariant distance measures [13] . (In [13] , a correlation of magnitude of 0.62 is reported between the LAR distance and subjective evaluations.) As shown in Fig. 7 , the SAFWF outperforms the SAF and STDWF systems especially at low SNRs. Informal listening test results are consistent with the LAR distances; however, formal listening tests are needed to confirm the results.
VI. CONCLUSION
In this letter, we addressed the issue of the noise reduction in diffuse noise fields. We proposed, implemented, and evaluated a subband hybrid system combining SAFs and Wiener filtering. The proposed system employs ANC to take advantage of high coherence at low frequencies and Wiener filtering to eliminate the residual noise, particularly at higher frequencies. In the SAFWF, the adaptive filter cleanly reduces the noise in the lower subbands, while in the STDWF, inaccurate estimation of the noise spectrum significantly distorts the speech signal. Subsequent Wiener filtering in the hybrid system is thus performed with higher SNRs. Considering the perceptual importance of the lower subbands, the hybrid technique is subjectively preferred.
Furthermore, the proposed technique is desirable from a computational point of view, since both subband adaptive and Wiener filtering are applied in the subband-domain. The complete enhancement system containing the SAF, the Wiener filter, and the VAD is efficiently implemented on a fast oversampled WOLA filterbank [3] .
